Abstract. Treatment of tinnitus by means of masking sounds allows to obtain a significant improve of the quality of life of the individual that suffer that condition. In view of that, it is possible to develop noise synthesizers based on random number generators in digital signal processors (DSP), which are used in almost any digital hearing aid devices. DSP architecture have limitations to implement a pseudo random number generator, due to it, the noise statistics can be not as good as expectations. In this paper, a technique to generate additive white gaussian noise (AWGN) or other types of filtered noise using coefficients stored in program memory of the DSP is proposed. Also, an implementation of the technique is carried out on a dsPIC from Microchip . Objective experiments and experimental measurements are performed to analyze the proposed technique.
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Introduction
The noise is usually considered an undesirable signal which should be removed from the desired signal. However, noise is also an useful tool for the characterization of systems [1, 2] . It can be used for instance for the analysis of communication systems [3, 4] or for characterising filters [1] .
In recent years, the noise has been used for medical purposes such as treatment of tinnitus [5, 6, 7] . In this way, a noise synthesizer is used to mask the tinnitus and, consequently, improve the quality of life of the individual who suffers from this condition [6, 7] . Thus, it is convenient to implement a noise generator (based on a pseudoaleatory numbers generator) in assistive listening devices, which actually are based on a digital signal processor (DSP). In this sense, it is possible find digital hearing aid devices [8, 9] which implement noise generators based on fractals or more complex noise generators.
One of the limitations found in performing this task is the complexity of the algorithms necessary to synthesize white noise with the appropriate statistical properties. In some cases, white noise must be filtered through a digital filter to obtain the appropriate response to mask tinnitus, which generates an additional computational load to the system, which may not be acceptable because this functionality is usually not the principal task in assistive listening devices. There are papers in the literature [10, 11] where noise generators are described, but those require a DSP exclusively dedicated to their implementation, and they were not developed for tinnitus treatment and the considerations required [6, 7] for this application.
In this work, a technique for generating sequences of pseudo-random numbers in a microcontroller using tables stored in the program memory is presented. The proposal technique improves system performance mainly because filters are not necessary into the DSP to obtain noise with specific features, and furthermore the castings between numbers formats are reduced.
Objective and subjective experiments and, finally, experimental measurements are carried out to analyse the performance of the technique. Moreover, an implementation performed in a Microchip dsPIC [12] is described. This paper is organised as follows. In Section 2, the most important aspects of the tinnitus masking techniques are presented. In Section 3, a new method is proposed. In Section 4, the results of the objective and subjective tests are presented and discussed. Finally, the main conclusions are summarised in Section 5.
Tinnitus masking using sounds
Tinnitus is a hearing condition that can be very rarely cured, even using medical treatments and surgical methods. In recent years methods to improve the quality of life of individual with tinnitus were developed. One of the most used approaches are methods based on sound therapies, which reduce the perception of tinnitus in the individual. There are various types of therapies based on sounds, in the following subsection one of the most commonly used methods are presented.
Tinnitus treatment using masking sounds
This kind of therapy can be divided into two subgroups: techniques based on zen music, and based on colored noise [5] , [6] , [7] . In the first subgroup of therapies techniques based on natural sounds such as the sound of rain or waterfalls, among others, are included. These sounds can be recorded or, as in the case of some high-end assistive devices[8], they may be generated using mathematical algorithms.
The second subgroup includes techniques based on colored noise. These use the spectral masking phenomenon between components [13] , [14] . Masking is defined as the process taking place in the auditory system of a person, where a sound of a certain energy can reduce the perception of another sound which is spectrally adjacent to it.
There are three possible situations defined between the tinnitus and the sound generated for masking it. Firstly, if the sound does not change the perception of tinnitus, there is not masking between components. Moreover, if the sound level generated a partial alteration of tinnitus is said that the tinnitus is partially masked by the external stimulus. Finally, in cases where tinnitus is not perceived due to the external stimulus, it is said that first component has been completely masked by the masker. Note that when applying these therapies, care should be taken that the external stimulus not causes damage to the auditory system of the patient.
Therapies based on colored noise attempts to partially or fully mask the tinnitus using synthesised noise. Actually, this technique is included in high-end assistive listening devices [9] , where the colored noise is obtained by filtering AWGN. In these devices, the filtering is done by means of an equalizer with up to 16 subbands, which are also divided into four bands located between 100Hz-500Hz, 500Hz-1400Hz, 1400Hz-3500Hz and 3500Hz-8000Hz. In recent years, our researching Group has developed a digital hearing aid device, which has been patented [18] . Simultaneously, a tinnitus treatment method has been presented [17] . Thus, in the next section, a method to implement a pseudo-random number generator in the architecture of the DSP used in the developed hearing aid (or another microcontroller) is presented.
Proposed Technique
In cases where according the needs of the individual, filtered noise is necessary, this signal is obtained by filtering a white noise source. In these cases, the hearing aid device must be capable to compute the filter operation, which in several cases requires a considerable amount of resources. Thus, the main goal of this work is to implement a noise synthesiser in a hearing assistance device, with a substantial reduction of DSP operations. Also, the system must perform simultaneously other functions such as audibility extender, noise reduction, etc. Furthermore, it should be noted that a microcontroller has more program memory (EPROM) than data memory (RAM), which usually is a limitation in this kind of design. Therefore, there is a tendency to store constant data (such as coefficients for windowing, or constants for computing a Fast Fourier Transform (FFT), etc.) in EPROM. In this paper, a pseudo-random number generator which uses coefficients stored in the program memory of the microcontroller is proposed.
The first step of the technique is to generate segments containing pseudo-random values on a PC using a pseudo-random number generator (for example the rand() or randn() functions of MATLAB ), which is choosen depending on the nature of the noise to be synthesised, additionally the signal could be filtered using MATLAB according to the needs of the individual. This filtering can be done using the filter() function of MATLAB or a more complex subroutine.
Then, the generated segments of noise are stored in the program memory of the DSP. The coefficients are stored in program memory in a matrix of 256 columns and M rows, which in the implementation in a microcontroller, will be replaced by a table with 256xM elements. Then, a random pointer, pointed to a specific program memory location (which is generated using the architecture of the microcontroller), can choose which of the rows of the table will be used to synthesise each segment. Consequently, the order of appearance of each row in the synthesised signal will depend on the jump generator. One of the advantages of the proposed method is that it can be implemented in a microcontroller without an architecture dedicated to processing mathematical operations. This is because, if it is desired to synthesise filtered white noise through a specific filter, segments of the desired signal will be stored in the program memory of the microcontroller. Firstly, it avoids noise filtering on chip, according to the needs of the user and, secondly, the casting between numbers formats is also avoided. Thereby, once the microcontroller was programmed, the operation of the proposed noise generator is limited to generate a random integer which defines which row vector of the matrix of coefficients will be selected to synthesise each signal segment.
Then, in this paper it is assumed that vectors of length N = 256 are generated to analyse the generator. Then coefficients generated using MATLAB are stored in a table that contains 256 columns. The number of rows M of the table is adjusted depending on the amount of memory available in the microcontroller. Figure 1 shows a diagram of the proposed implementation. It can be seen that the matrix of coefficients generated contains N = 256 columns and M rows. The proposed technique works according to the scheme shown in Figure 2 . For each segment of the signal to synthesise, an integer 0 < j < M is randomly generated. Then, this value represents the row of the matrix used for synthesising the frame. This is performed in the microcontroller by means of a pointer to the starting position according to the row (P OS + j * 256), where the constant P OS represents the initial position of the table in the program memory, then the following 256 elements are used to synthesise the signal.
Note that by increasing the value of M a noise generator with better performance is obtained from the statistical point of view, since when having more values per column, the repetition period of each value is also increased. Another interesting aspect of the proposed technique is that the type of noise of the synthesiser can be modified by simply modifying the values stored in the table. Thus, if for example, randn() is used instead of using MATLAB function rand(), the pseudo-random number generator output signal is obtained with Gaussian distribution. Finally, as was described previously, another option to change the features of the output signal (which is appropriated to set the noise features to the specific needs of an individual who suffer tinnitus) is to change the coefficients of the filter used to filter the noise. In the next section the experiments and measurements carried out to analyse the performance of the system are presented.
Experiments
With the aim of testing the performance of the developed method, a set of objective and subjective experiments, and finally experimental measurements, were performed. As was previously described, the main goal of this work is to implement a filtered noise generator in a hearing aid device based on a dsPIC33EP256MU806 of Microchip [12] , which has 256 kB of program memory. Previous works [17, 19] establish that only 10% of program memory is required to implement the most important functions of a hearing aid in the chosen dsPIC. Thus, as a design rule, it is established that the proposed pseudo-random generator is implemented using up to 80% of EEPROM, in this manner the last 10% of EEPROM will be reserved to future updates of the software. In these conditions, there are 209715 bytes assigned to implement the Figure 3 . Probability Density Functions (PDF) of noise with gaussian distribution generated using the proposed method for several values of M . Also, the reference PDF is shown using a black line.
generator, then, by setting N = 256, and 16 bits data, the maximum value of M is 409. A second hearing aid device implemented on a dsPIC33EP512MU806 of Microchip [12] , which has 512 kB of program memory was also included in the experiment, taking into the account the same considerations than for the other device, the maximum value of M is 972. Based on this limitation, configurations of the proposed technique with M = 40, M = 100, M = 400, M = 950 and M = 10000 will be used in the experiments.
Analysis of the obtained Probability Density Functions
To appreciate one of the effects of choosing the value of M , Figures 3 and 4 show the Probability Density Function (PDF) of two implementations of the pseudo-random number generator. Figure 3 shows in red colour the PDFs of the system configured as an AWGN generator for the six values of M previously adopted, and in green colour for the function randn() of MATLAB . As a reference, using a black line, the ideal PDF function of a AWGN was also drawn in each figure. It is possible to see that, according to expectations, for bigger values of M , the PDF obtained tends to the reference PDF.
In Figure 4 the experiment is repeated, but in this case, the generator was configured for a uniform distribution, and the function rand() of MATLAB was adopted as reference. The observed tendency is similar to the results obtained for the Figure 3. 
Analysis using the Marsaglia toolbox
In this Subsection a set of objective experiments are performed in order to analyze the statical features of the pseudo-random number generator. For this proposal the Marsaglia toolbox [15] , a set of statistical tools, was used. This toolbox is widely used to test pseudo-random number generators and it is disposal in the website of the Florida State University [21] . This tool allows to perform 15 tests, which give as result p-values which are in the range 0 < p < 1 [15] .
In this case, the pseudo-random number generator was configured as an uniform distribution noise generator without filtering, and several values of M were used to study the influence of this parameter in the noise signal obtained. The results are obtained for the reference method and for the proposed method with M = 100, 400, 1000, 10000, 100000, 400000 and 1000000 were Figure 4 . Probability Density Functions (PDF) of noise with uniform distribution generated using the proposed method for several values of M . Also, the reference PDF is shown using a black line.
obtained. In this case, it was verified that with larger values of M , the median value tends to 0.5 and the first and third quartile tends to 0.25 and 0.75, respectively. Then, a large value of M is necessary to ensure a proper performance of the method, which exceed the limit established previously (M = 972). But, in order to analyze the feasibility of using the proposed method for tinnitus treatment, in the next subsection a set of experimental measurements are presented.
Experimental measurements: Implementation on a dsPIC
With the aim of testing the performance of the system, it was implemented in a dsPIC33EP256MU806 [12] of Microchip , which was adopted in the developed hearing aid [17, 19] . The language tool-suite choosen was C30 [22] , which has libraries that contain functions appropriated to digital signal processing, then this toolbox can be used to implement the most important functions of a hearing aid device in a very efficient way. The proposed technique was successfully implemented, in this case segments of noise of N = 256 were generated and a sampling frequency of F s = 16384Hz was used. Then, several experimental measurements were done. First, an acquisition time 15.63ms was measured for each frame. Consequently, in order to operate the system in real-time, the processing time must be lower than this limit. The measured processing time was 3.32ms, which is according to expectations. Also, the program and data memory usages, were 79% and 40%, respectively. Finally, direct memory access (DMA) was used to acquire and synthesise data in a more efficient way. In Figure 6 the block diagram of the developed system is shown. It can be seen that the system is composed by two main blocks: a digital signal processor (in this case: dsPIC33EP512MU806) and an audio codec PCM3052 [16] , which acquires the analog data, digitalises it and sends it to the DSP. Then, once the information is processed, it is returned to the codec, which by means of a delta-sigma DAC synthesises it. In this experiment the input signal is zero, thus the output signal only contains the noise synthesised.
In order to test the performance of the system, the testing bench shown in Figure 5 was mounted. In this case, the system's output was measured with a PDF meter [23] . The outputs of the PDF meter must be analysed using a oscilloscope, which must be configured in XY mode. For the experiment, a 2V pp output noise wave was synthesised using two devices: the system under study (with M = 400 and M = 950) and a computer (using WAVE files). The sampling frequency and the data path of each device were the same (16kHz, 16 bits). The output of each system was compared using the PDF meter, whose output is shown in Figure 7 . In the figure is seen that both probability density functions are similar.
Finally, the output of the system and the computer were compared using a spectrum analyser. Results obtained using four filtering configurations are shown in Figs. 8, 9 and 10 where it is Figure 7 . Screen captures of an oscilloscope for the probability density functions measured. Left figure shows the PDF for a WAVE file which contains a signal generated using the randn() MATLAB . Middle and right figures show the measured PDF obtained the proposed technique for AWGN without filtering with M = 400 and M = 950, respectively. possible to seen that the spectra of the sound generated by means of the computer is similar to the generated using the hearing aid device. In Figure 8 are shown the spectrum of the output signal using a low pass filter (LPF) with f C = 1000Hz. In Figure 9 the spectrum of the output signal using a band pass filter (BPF) with f C1 = 1000Hz and f C2 = 3000Hz. In the last place, in Figure 10 the spectrum of the output signal using a BPF with f C1 = 1000Hz and f C2 = 2000Hz.
Subjective experiments
Subjective experiments were done in order to test the performance of the proposed algorithm with values of M in the implementable range (M < 950). 15 volunteers (which accepted an informed consent) were asked to listen to the synthesised algorithms in random order. Listeners were asked to judge the similarity between two noises using a 5-point scale, from 1 (noises are distinguishable) to 5 (sounds are identical). The aim of this test is to analyse if a human can perceive a difference between a sound synthesised using the MATLAB randn() and filter() functions and the proposed technique, in this last case for several values of M . Although, 15 volunteers is not the amount of population needed to determine a conclusion, it is possible to obtain a trend. As a futher work, more complex subjective experiments with a bigger population will be carried out. Figure 10 . Spectrum of output signals using a BPF with f C1 = 1000Hz and f C2 = 2000Hz. Left figure shows the reference (using randn()). Middle and right figures presents M = 400 and M = 1000. In Table1 it is possible to see that the value of the similarity mean opinion scores (MOS-S) is increased with the value of M , which is according to expectations. Also, all the MOS-S values obtained in the experiment are bigger than 4. Thus, even in the lower adopted values of M , the listeners were not able to distinguish between signals. Thus, although the method only obtains good scores in the Marsaglia test for values of M > 400000, human listeners are not able to distinguish the difference between noise synthesized using the randn() function, and the proposed technique ( even for values of M in the required interval).
Conclusions
In this work, a technique to generate filtered noise by means of a pseudo-random number generator is a microcontroller is presented. The main aim of this method is to simplify the design of noise generators in a DSP and, consequently, it allows help people who suffer tinnitus.
It was demonstrated that the technique allows to successfully generate filtered noise reducing the amount of floating point operations (the most computational expensive task). Also, the method was implemented in a hearing aid device developed by the group. In order to validate the successful operation of the system, a set of subjective and objective test were carried out, and also experimental measurements were performed.
Firstly, objective experiments were developed to analyse and validate the performance of the technique. Then, once theoretical aspects of the technique were validated, the effectiveness of masking tinnitus was analysed to mask tinnitus. In this case, a set of volunteers heard a set of audios with a simulated tinnitus, and also different types of colored noise were added. At a first glance, the proposed technique obtains scores similar to other baseline methods. However, a set of more complex subjective experiments will be necessary to determine if the method can accomplish the expectations.
Finally, a set of experimental measurements were performed in order to analyse the operation of the technique in the hearing aid. In this experiment it was demonstrated that the system operates in real time, which is essential for this application. As a further work, it is necessary to carried out more extensive subjective experiments, in order to validate the performance of the proposed method for tinnitus treatment. Also, it is desired to study and implement in a DSP a set of most complex noise generators oriented to tinnitus treatment.
